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An adaptive filter receives an input signal, performs adaptive
filtering processing on the input signal according to an adaptive 101
filtering weight currently stored in the adaptive filter, so as to obtain
an adaptive filtering signal, and transmits the adaptive filtering
signal to a subtractor

The subtractor receives a reference signal and the adaptive filtering

signal, performs calculation according to the reference signal and the 102
adaptive filtering signal to obtain an error signal, and transmits the
error signal to an error sub-band filter
The error sub-band filter receives the error signal, performs sub- 103

band analysis filtering processing on the error signal to obtain an
error sub-band signal, and transmits the error sub-band signal to an
adaptive weight updater

An input signal analysis filter receives the input signal, performs

sub-band analysis filtering processing on the input signal to obtain 104

an input sub-band signal, and transmits the input sub-band signal to
the adaptive weight updater

The adaptive weight updater receives the error sub-band signal and
the input sub-band signal, performs calculation according to the
error sub-band signal and the input sub-band signal to obtain a new 105
adaptive filtering weight, and replaces the adaptive filtering weight
currently stored in the adaptive filter with the new adaptive filtering
weight

FIG. 2
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An adaptive filter receives an input signal, performs adaptive

filtering processing on the input signal according to an adaptive 101

filtering weight currently stored in the adaptive filter, so as to

obtain an adaptive filtering signal, and transmits the adaptive
filtering signal to a subtractor

v

The subtractor receives a reference signal and the adaptive
filtering signal, performs calculation according to the reference 102
signal and the adaptive filtering signal to obtain an error signal,

and transmits the error signal to an error sub-band filter

The error sub-band filter receives the error signal, performs

sub-band analysis filtering processing on the error signal 103
to obtain an error sub-band signal, and transmits the error
sub-band signal to an adaptive weight updater
An input signal analysis filter receives the input signal, 104

performs sub-band analysis filtering processing on the input
signal to obtain an input sub-band signal, and transmits the
input sub-band signal to the adaptive weight updater

v

The adaptive weight updater receives the error sub-band signal
and the input sub-band signal, performs calculation according
to the error sub-band signal and the input sub-band signal to 105
obtain a new adaptive filtering weight, and replaces the
adaptive filtering weight currently stored in the adaptive filter
with the new adaptive filtering weight

|, A convergence detector determines whether the error signal is 106
converged
If the convergence detector determines that the error signal is 107

converged, control the subtractor to generate a simulation
signal according to the adaptive filtering signal and output the
simulation signal

FIG. 3
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1
ADAPTIVE FILTERING METHOD AND
SYSTEM BASED ON ERROR SUB-BAND

This application is a continuation of International Appli-
cation No. PCT/CN2012/082224, filed on Sep. 27, 2012,
which is hereby incorporated by reference in its entirety.

TECHNICAL FIELD

The present invention relates to the field of signal process-
ing technologies, and in particular, to an adaptive filtering
method and system based on an error sub-band.

BACKGROUND

Adaptive filtering is widely applied in fields such as system
identification, echo interference cancellation, and channel
equalization, and a most commonly used method is a trans-
versal filtering method adjusted by LMS (least mean square
algorithm). Specifically, an adaptive algorithm is used to
automatically correct a weight vector according to an estima-
tion error signal, so that the error signal achieves a least mean
square; however, convergence of the method decreases as a
weight value of a filter increases.

In order to improve convergence of a transversal filtering
method algorithm adjusted by LMS, an analysis filter bank is
added in a path of an input signal, so that autocorrelation of
the input signal is reduced, thereby improving the conver-
gence of the algorithm. However, because the input signal
passes through a group of analysis filters, a group of inte-
grated filters are further needed to restore the signal when the
group of filters operate; in this way, complexity of an adaptive
filtering device structure is greatly increased, thereby increas-
ing the amount of calculation of a whole adaptive filtering
algorithm, so that it is difficult to apply the adaptive filtering
algorithm to a digital system of high-speed processing.

SUMMARY

Embodiments of the present invention provide an adaptive
filtering method and system based on an error sub-band, so as
to reduce the amount of calculation of an adaptive filtering
algorithm.

To achieve the foregoing objective, the following technical
solutions are used in the embodiments of the present inven-
tion:

An adaptive filtering method based on an error sub-band
includes: receiving, by an adaptive filter, an input signal,
performing adaptive filtering processing on the input signal
according to an adaptive filtering weight currently stored in
the adaptive filter, so as to obtain an adaptive filtering signal,
and transmitting the adaptive filtering signal to a subtractor;
receiving, by the subtractor, a reference signal and the adap-
tive filtering signal, performing calculation according to the
reference signal and the adaptive filtering signal to obtain an
error signal, and transmitting the error signal to an error
sub-band filter, where the reference signal is a signal gener-
ated after the input signal passes through a real channel;
receiving, by the error sub-band filter, the error signal, per-
forming sub-band analysis filtering processing on the error
signal to obtain an error sub-band signal, and transmitting the
error sub-band signal to an adaptive weight updater; receiv-
ing, by an input signal analysis filter, the input signal, per-
forming sub-band analysis filtering processing on the input
signal to obtain an input sub-band signal, and transmitting the
input sub-band signal to the adaptive weight updater; and
receiving, by the adaptive weight updater, the error sub-band
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signal and the input sub-band signal, performing calculation
according to the error sub-band signal and the input sub-band
signal to obtain a new adaptive filtering weight, and replacing
the adaptive filtering weight currently stored in the adaptive
filter with the new adaptive filtering weight.

An adaptive filtering system based on an error sub-band,
including: an adaptive filter, configured to receive an input
signal, perform adaptive filtering processing on the input
signal according to an adaptive filtering weight currently
stored in the adaptive filter, so as to obtain an adaptive filtering
signal, and transmit the adaptive filtering signal to a subtrac-
tor; the subtractor, configured to receive a reference signal
and the adaptive filtering signal, perform calculation accord-
ing to the reference signal and the adaptive filtering signal to
obtain an error signal, and transmit the error signal to an error
sub-band filter, where the reference signal is a signal gener-
ated after the input signal passes through a real channel; the
error sub-band filter, configured to receive the error signal,
perform sub-band analysis filtering processing on the error
signal to obtain an error sub-band signal, and transmit the
error sub-band signal to an adaptive weight updater; an input
signal analysis filter, configured to receive the input signal,
perform sub-band analysis filtering processing on the input
signal to obtain an input sub-band signal, and transmit the
input sub-band signal to the adaptive weight updater; and the
adaptive weight updater, configured to receive the error sub-
band signal and the input sub-band signal, perform calcula-
tion according to the error sub-band signal and the input
sub-band signal to obtain a new adaptive filtering weight, and
replace the adaptive filtering weight currently stored in the
adaptive filter with the new adaptive filtering weight.

According to the adaptive filtering method and system
based on an error sub-band that are provided in the embodi-
ments of the present invention, analysis filtering processing is
performed on an error signal and an input signal to obtain an
error sub-band signal and an input sub-band signal respec-
tively; calculation is performed according to the input sub-
band signal and the error sub-band signal to obtain a new
adaptive filtering weight, and a weight in an adaptive filter is
updated, so that when the adaptive filter works, the adaptive
filter may directly use an updated weight to perform adaptive
filter processing on the input signal, so as to obtain an adap-
tive filtering signal. Compared with a technical solution in the
prior art, in which analysis filtering processing needs to be
first performed on an input signal, and a processing result is
input to an adaptive filter to perform adaptive processing to
obtain an adaptive filtering sub-band signal, and then an adap-
tive filtering signal can be obtained by performing integrated
filtering processing on the adaptive filtering sub-band signal,
in the present invention, a processing result of an adaptive
filter does not need to be restored; compared with the techni-
cal solution provided in the prior art, an integrated filter for
signal reconstruction is omitted, thereby reducing the amount
of calculation of an adaptive filtering algorithm.

BRIEF DESCRIPTION OF THE DRAWINGS

To describe the technical solutions in the embodiments of
the present invention more clearly, the following briefly intro-
duces the accompanying drawings required for describing the
embodiments. Apparently, the accompanying drawings in the
following description show merely some embodiments of the
present invention, and a person of ordinary skill in the art may
still derive other drawings from these accompanying draw-
ings without creative efforts.
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FIG. 1 is a composition block diagram of an adaptive
filtering system based on an error sub-band according to the
present invention;

FIG. 2 is a flowchart of an adaptive filtering method based
on an error sub-band according to Embodiment 1 of the
present invention;

FIG. 3 is a flowchart of another adaptive filtering method
based on an error sub-band according to Embodiment 1 ofthe
present invention;

FIG. 4 is a composition block diagram of an adaptive filter
according to the present invention;

FIG. 5 is a composition block diagram of an error sub-band
filter according to the present invention;

FIG. 6 is a flowchart of an adaptive filtering method based
on an error sub-band according to Embodiment 2 of the
present invention;

FIG. 7 is a composition block diagram of an adaptive
filtering system based on an error sub-band according to
Embodiment 2 of the present invention; and

FIG. 8 is a composition block diagram of an adaptive
filtering system based on an error sub-band according to
Embodiment 3 of the present invention.

DETAILED DESCRIPTION OF ILLUSTRATIVE
EMBODIMENTS

The following clearly describes the technical solutions in
the embodiments of the present invention with reference to
the accompanying drawings in the embodiments of the
present invention. Apparently, the described embodiments
are merely a part rather than all of the embodiments of the
present invention. All other embodiments obtained by a per-
son of ordinary skill in the art based on the embodiments of
the present invention without creative efforts shall fall within
the protection scope of the present invention.

Embodiment 1

This embodiment of the present invention provides an
adaptive filtering method based on an error sub-band, where
the method may be applied to an adaptive filtering system
shown in FIG. 1, and the system includes: an adaptive filter, a
subtractor, an error sub-band filter, an input signal analysis
filter, and an adaptive weight updater.

An ingress port of the adaptive filter is configured to
receive an input signal, and an egress port of the adaptive filter
is connected to one ingress port of the subtractor; the other
ingress port of the subtractor is configured to receive a refer-
ence signal, and an egress port of the subtractor is connected
to the error sub-band filter; an ingress port of the input signal
analysis filter is configured to receive the input signal, and an
egress port of the input signal analysis filter is connected to
one ingress port of the adaptive weight updater; and an egress
port of the error sub-band filter is connected to the other
ingress port of the adaptive weight updater.

The input signal is a digital signal, which is a signal to be
processed by the adaptive filter; and the reference signal is a
signal generated after the input signal passes through a real
channel, where the real channel may be a physical signal
processing device, or may be a signal propagation path in free
space, which is not limited in this embodiment of the present
invention.

As shown in FIG. 2, based on the foregoing adaptive fil-
tering system, the method includes:

101. An adaptive filter receives an input signal, performs
adaptive filtering processing on the input signal according to
an adaptive filtering weight currently stored in the adaptive
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filter, so as to obtain an adaptive filtering signal, and transmits
the adaptive filtering signal to a subtractor.

When the adaptive filtering weight currently stored in the
adaptive filter is not updated by an adaptive weight updater,
the adaptive filtering weight is a pre-stored default value, and
a value of the default value may be an empirical value in the
technical field; after the adaptive weight updater updates the
adaptive filtering weight currently stored in the adaptive filter,
the adaptive filtering weight currently stored in the adaptive
filter is an updated adaptive filtering weight.

It should be noted that the adaptive filter signal is not
merely one signal, and the number of adaptive filtering sig-
nals depends on the number of taps of the adaptive filter. In the
adaptive filter, one branch of the adaptive filter generates one
adaptive filter signal.

102. The subtractor receives a reference signal and the
adaptive filtering signal, performs calculation according to
the reference signal and the adaptive filtering signal to obtain
an error signal, and transmits the error signal to an error
sub-band filter.

103. The error sub-band filter receives the error signal,
performs sub-band analysis filtering processing on the error
signal to obtain an error sub-band signal, and transmits the
error sub-band signal to an adaptive weight updater.

It should be noted that the error sub-band signal is not
merely one signal, and the number of error sub-band signals
depends on the number of frequency band divisions of the
error sub-band filter. In the error sub-band filter, one branch of
the error sub-band filter generates one error sub-band signal.

104. Aninput signal analysis filter receives the input signal,
performs sub-band analysis filtering processing on the input
signal to obtain an input sub-band signal, and transmits the
input sub-band signal to the adaptive weight updater.

It should be noted that the input sub-band signal is not
merely one signal, and the number of input sub-band signals
depends on the number of frequency band divisions of the
input signal analysis filter. In the input signal analysis filter,
one branch ofthe input signal analysis filter generates M input
sub-band signals, where M is the number of frequency band
divisions of the input signal analysis filter.

105. The adaptive weight updater receives the error sub-
band signal and the input sub-band signal, performs calcula-
tion according to the error sub-band signal and the input
sub-band signal to obtain a new adaptive filtering weight, and
replaces the adaptive filtering weight currently stored in the
adaptive filter with the new adaptive filtering weight.

For a calculation method of the new adaptive filtering
weight, reference may be made to the following formula a,
and the formula is specifically:

M-1 (Formula a)
Sa(n+ 1) =3(n)+ 2#2 aye(n)x;(n — k)
=0
i=0,1,... ,(M=1)
L
k=0.1,... ’(M_l)

where §,,(n+1)is an updated adaptive filtering weight, §,,(n) is
a current adaptive filtering weight, p and o are both preset
constants, L. is the number of taps of an adaptive filter, M is the
number of sub-bands obtained by means of analysis filtering
processing, e,(n) is an error signal value of a first branch, and
X,(n-k) is an input signal value of an i” component of the first
branch.
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It should be noted that when a difference between a real
output signal and an adaptive filtering output signal that is
obtained by performing adaptive filtering on the input signal
by using the current adaptive filtering weight steadily fluctu-
ates in a relatively small range, that is, when the error signal
is converged, it may be considered that the adaptive filter can
simulate a real channel. In this case, a signal of the adaptive
filter needs to be output. Therefore, the following steps are
further arranged after step 102, and as shown in FIG. 3, the
method further includes:

106. A convergence detector determines whether the error
signal is converged.

107. If the convergence detector determines that the error
signal is converged, control the subtractor to generate a simu-
lation signal according to the adaptive filtering signal and
output the simulation signal.

Specifically, an implementation method in which the con-
vergence detector controls the subtractor to generate a simu-
lation signal according to the adaptive filtering signal may be:
when there is only a single adaptive filtering signal, control-
ling the subtractor to directly output the single adaptive signal
as a simulation signal; and when there are multiple adaptive
filtering signals, performing addition calculation on the mul-
tiple adaptive filtering signals to obtain a simulation signal.

In addition, it should be noted that this embodiment of the
present invention provides an adaptive filter, and a structure of
the adaptive filteris shown in F1G. 4. The filter has [ branches
that include a first branch to an L? branch, and each branch
has one ingress port and one egress port, where L is a positive
integer.

When L is equal to 1, M multipliers, M-1 adders, and M-1
M-clock delayers are disposed in the L™ branch, where the M
multipliers are a multiplier 0 to a multiplier M-1, the M-1
adders are an adder 1 to an adder M-1, and the M-1 M-clock
delayers are an M-clock delayer 1 to an M-clock delayer
M-1; each delayer has one ingress port and one egress port,
each multiplier has one ingress port and one egress port, and
each adder has two ingress ports and one egress port; M is a
positive integer; and an ingress port of the L” branch is
connected to ingress ports of the multiplier 0 to the multiplier
M-1, an egress port of the multiplier O is connected to an
ingress port of the M-clock delayer 1, an egress port of each
of a multiplier 1 to the multiplier M-1 is connected to one
ingress port of each of the adder 1 to the adder M-1, and an
egress port of each of the M-clock delayer 1 to the M-clock
delayer M-1 is connected to the other ingress port of each of
the adder 1 to the adder M-1.

Then, the receiving, by an adaptive filter, an input signal,
performing adaptive filtering processing on the input signal
according to an adaptive filtering weight currently stored in
the adaptive filter, so as to obtain an adaptive filtering signal
includes:

in the L™ branch, receiving, by each of the multiplier 0 to
the multiplier M-1, the input signal through the ingress port
of the L™ branch, and performing multiplication on the input
signal according to an adaptive filtering weight stored in each
of the multipliers, to obtain a multiplier output signal gener-
ated by each of the multiplier 0 to the multiplier M-1; out-
putting, by each of the multiplier O to the multiplier M-1
through an egress port of each of the multiplier 0 to the
multiplier M-1, the multiplier output signal generated by
each of the multiplier O to the multiplier M-1; performing, by
each of the M-clock delayer 1 to the M-clock delayer M-1,
M-clock delay processing on a signal received at an ingress
port of each of the M-clock delayer 1 to the M-clock delayer
M-1, to obtain an M-clock delay signal generated by each of
the M-clock delayer 1 to the M-clock delayer M-1; output-
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ting, by each of the M-clock delayer 1 to the M-clock delayer
M-1 through the egress port of each of the M-clock delayer 1
to the M-clock delayer M-1, the M-clock delay signal gen-
erated by each of the M-clock delayer 1 to the M-clock
delayer M-1; performing, by the adder 1 to the adder M-1,
addition processing on signals received through two ingress
ports corresponding to each of the adder 1 to the adder M-1,
to obtain an adder output signal generated by each of the
adder 1 to the adder M-1; and outputting, by each of the adder
1 to the adder M-1 through an egress port corresponding to
each of the adder 1 to the adder M-1, the adder output signal
generated by each of the adder 1 to the adder M-1.

When L is greater than 1, one (L.—-1)-clock delayer, M
multipliers, M—1 adders, and M-1 M-clock delayers are dis-
posed in the L™ branch, where the M multipliers are a multi-
plier O to a multiplier M-1, the M-1 adders are an adder 1 to
an adder M-1, and the M-1 M-clock delayers are an M-clock
delayer 1 to an M-clock delayer M-1; each delayer has one
ingress port and one egress port, each multiplier has one
ingress port and one egress port, and each adder has two
ingress ports and one egress port; and in the L? branch, an
ingress port of the L branch is connected to an ingress port
of'the (L-1)-clock delayer, an egress port of the (I.—1)-clock
delayer is connected to ingress ports of all multipliers, an
egress port of the multiplier O is connected to an ingress port
of'the M-clock delayer 1, an egress port of each of a multiplier
1 to the multiplier M-1 is connected to one ingress port of
each of the adder 1 to the adder M-1, and an egress port of
each of the M-clock delayer 1 to the M-clock delayer M-1 is
connected to the other ingress port of each of the adder 1 to the
adder M-1.

Then, the receiving, by an adaptive filter, an input signal,
performing adaptive filtering processing on the input signal
according to an adaptive filtering weight currently stored in
the adaptive filter, so as to obtain an adaptive filtering signal
includes: in the L? branch, receiving, by the (L-1)-clock
delayer, the input signal through the ingress port of the (L-1)-
clock delayer, and performing (I.-1)-clock delay processing
on the input signal to generate an (L.-1)-clock delay signal;
outputting, by the (L-1)-clock delayer, the (L-1)-clock delay
signal through the egress port of the (I.—1)-clock delayer;
receiving, by each of the multiplier O to the multiplier M-1,
the (L-1)-clock delay signal through the ingress port of the
L? branch, and performing multiplication on the (L-1)-clock
delay signal according to an adaptive filtering weight stored
in each of the multipliers, to obtain a multiplier output signal
generated by each of the multiplier 0 to the multiplier M-1;
outputting, by each of the multiplier O to the multiplier M—1
through an egress port of each of the multiplier 0 to the
multiplier M-1, the multiplier output signal generated by
each of the multiplier O to the multiplier M-1; performing, by
each of the M-clock delayer 1 to the M-clock delayer M-1,
M-clock delay processing on a signal received at an ingress
port of each of the M-clock delayer 1 to the M-clock delayer
M-1, to obtain a delay signal generated by each of the
M-clock delayer 1 to the M-clock delayer M-1; outputting,
by each of the M-clock delayer 1 to the M-clock delayer M-1
through the egress port of each of the M-clock delayer 1 to the
M-clock delayer M-1, the delay signal generated by each of
the M-clock delayer 1 to the M-clock delayer M-1; perform-
ing, by each of the adder 1 to the adder M-1, addition pro-
cessing on signals received through two ingress ports corre-
sponding to each ofthe adder 1 to the adder M-1, to obtain an
adder output signal generated by each of the adder 1 to the
adder M-1; and outputting, by each of the adder 1 to the adder
M-1 through an egress port corresponding to each of the
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adder 1 to the adder M -1, the adder output signal generated
by each of the adder 1 to the adder M-1.

Certainly, this embodiment of the present invention is not
limited to that only a structure of the foregoing adaptive filter
can be used to implement an adaptive filtering method based
on an error sub-band, and a FIR filter commonly used in the
technical field may also be used to implement the adaptive
filtering method based on an error sub-band.

This embodiment of the present invention further provides
an error sub-band filter, and a structure of the error sub-band
filter is shown in FIG. 5. The filter has N branches that include
a first branch to an N branch, and each branch has one
ingress port and one egress port, where N is a positive integer.

When X is equal to 1, one low-pass filter, one multiplier
X-1, and one decimator X-1 are disposed in an X” branch;
an ingress port of the low-pass filter is connected to an ingress
port of the X branch, an egress port of the low-pass filter is
connected to an ingress port of the multiplier X-1, an egress
port of the multiplier X-1 is connected to the decimator X-1,
and an egress port of the decimator X-1 is connected to an
egress port of the X” branch.

Then, the receiving, by the error sub-band filter, the error
signal, performing sub-band analysis filtering processing on
the error signal to obtain an error sub-band signal includes:

receiving, by the low-pass filter, the error signal through
the ingress port of the low-pass filter, and performing filtering
processing on the error signal according to band-pass setting
of the low-pass filter to obtain a low-pass filter signal; out-
putting, by the low-pass filter, the low-pass filter signal
through the egress port of the low-pass filter; performing, by
the multiplier X-1 according to a weight stored in the multi-
plier X-1, multiplication processing on a signal received
through the ingress port of the multiplier X-1, to obtain a
multiplier output signal; outputting, by the multiplier X-1,
the multiplier output signal through the egress port of the
multiplier X-1; performing, by the decimator X-1, X times
down sampling processing on a signal received through an
ingress port of the decimator X~-1, to obtain an error sub-band
signal of the X branch; and outputting, by the decimator
X-1, the error sub-band signal of the X* branch through the
egress port of the decimator X-1.

When X is greater than 1 and less than N-1, one band-pass
filter, one (X-1)-clock delayer, one multiplier X-1, and one
decimator X-1 are disposed in an X* branch; an ingress port
of the band-pass filter is connected to an ingress port of the
X" branch, an egress port of the band-pass filter is connected
to an ingress port of the (X-1)-clock delayer, an egress port of
the (X-1)-clock delayer is connected to an ingress port of the
multiplier X-1, an egress port of the multiplier X-1 is con-
nected to the decimator X-1, and an egress port of the deci-
mator X-1 is connected to an egress port of the X branch.

Then, the receiving, by the error sub-band filter, the error
signal, performing sub-band analysis filtering processing on
the error signal to obtain an error sub-band signal includes:
receiving, by the band-pass filter, the error signal through the
ingress port of the band-pass filter, and performing filtering
processing on the error signal according to band-pass setting
of the band-pass filter to obtain a band-pass filter signal;
outputting, by the band-pass filter, the band-pass filter signal
through the egress port of the band-pass filter; performing, by
the (X-1)-clock delayer, (X-1)-clock delay processing on a
signal received through the ingress port of the (X-1)-clock
delayer, to obtain a delay signal; outputting, by the (X-1)-
clock delayer, the delay signal through the egress port of the
(X-1)-clock delayer; performing, by the multiplier X-1
according to a weight stored in the multiplier X-1, multipli-
cation processing on a signal received through the ingress
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8

port of the multiplier X-1, to obtain a multiplier output sig-
nal; outputting, by the multiplier X-1, the multiplier output
signal through the egress port of the multiplier X-1; perform-
ing, by the decimator X-1, X times down sampling process-
ing on a signal received through an ingress port of the deci-
mator X-1, to obtain an error sub-band signal of the X
branch; and outputting, by the decimator X-1, the error sub-
band signal of the X” branch through the egress port of the
decimator X-1.

When X is equal to N, one high-pass filter, one (X-1)-clock
delayer, one multiplier X-1, and one decimator X-1 are
disposed in an X” branch; an ingress port of the high-pass
filter is connected to an ingress port of the X? branch, an
egress port of the high-pass filter is connected to an ingress
port of the (X-1)-clock delayer, an egress port of the (X-1)-
clock delayer is connected to an ingress port of the multiplier
X-1, an egress port of the multiplier X-1 is connected to the
decimator X-1, and an egress port of the decimator X-1 is
connected to an egress port of the X branch.

Then, the receiving, by the error sub-band filter, the error
signal, performing sub-band analysis filtering processing on
the error signal to obtain an error sub-band signal includes:
receiving, by the high-pass filter, the error signal through the
ingress port of the high-pass filter, and performing filtering
processing on the error signal according to high-pass setting
of the high-pass filter to obtain a high-pass filter signal; out-
putting, by the high-pass filter, the high-pass filter signal
through the egress port of the high-pass filter; performing, by
the (X-1)-clock delayer, (X-1)-clock delay processing on a
signal received through the ingress port of the (X-1)-clock
delayer, to obtain a delay signal; outputting, by the (X-1)-
clock delayer, the delay signal through the egress port of the
(X-1)-clock delayer; performing, by the multiplier X-1
according to a weight stored in the multiplier X-1, multipli-
cation processing on a signal received through the ingress
port of the multiplier X-1, to obtain a multiplier output sig-
nal; outputting, by the multiplier X-1, the multiplier output
signal through the egress port of the multiplier X-1; perform-
ing, by the decimator X-1, X times down sampling process-
ing on a signal received through an ingress port of the deci-
mator X-1, to obtain an error sub-band signal of the X
branch; and outputting, by the decimator X-1, the error sub-
band signal of the X” branch through the egress port of the
decimator X-1.

Certainly, this embodiment of the present invention is not
limited to that only a structure of the foregoing error sub-band
filter can be used to implement an adaptive filtering method
based on an error sub-band, and a sub-band analysis filter
commonly used in the technical field may also be used to
implement the adaptive filtering method based on an error
sub-band.

In addition, a structure of the input signal analysis filter is
similar to the structure of the error sub-band filter, and a
method for analysis filtering processing on an input signal is
also similar to a method of processing an error signal by the
error sub-band filter, which is not described in detail in this
embodiment of the present invention.

According to the adaptive filtering method that is based on
an error sub-band and provided in this embodiment of the
present invention, analysis filtering processing is performed
on an error signal and an input signal to obtain an error
sub-band signal and an input sub-band signal respectively;
calculation is performed according to the input sub-band
signal and the error sub-band signal to obtain a new adaptive
filtering weight, and a weight in an adaptive filter is updated,
so that when the adaptive filter works, the adaptive filter may
directly use an updated weight to perform adaptive filter
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processing on the input signal, so as to obtain an adaptive
filtering signal. Compared with a technical solution in the
prior art, in which analysis filtering processing needs to be
first performed on an input signal, and a processing result is
input to an adaptive filter to perform adaptive processing to
obtain an adaptive filtering sub-band signal, and then an adap-
tive filtering signal can be obtained by performing integrated
filtering processing on the adaptive filtering sub-band signal,
in the present invention, a processing result of an adaptive
filter does not need to be restored; compared with the techni-
cal solution provided in the prior art, an integrated filter for
signal reconstruction is omitted, thereby reducing the amount
of calculation of an adaptive filtering algorithm.

Embodiment 2

Based on a description of a system architecture shown in
FIG. 1, that the number of sub-bands is 2 is used as an
example in this embodiment of the present invention to spe-
cifically describe an adaptive filtering method that is based on
an error sub-band and provided in this embodiment of the
present invention. As shown in FIG. 6, the method includes
the following steps.

201. An adaptive filter and an input signal analysis filter
receive an input signal x(n).

202. The adaptive filter performs adaptive filtering pro-
cessing on x(n) according to a current adaptive filtering
weight to generate [ adaptive filtering output signals y,(n),
y,(n),...,andy,(n), and transmits y,(n), y,(n), . .., and y; (n)
to a subtractor.

L is the number of taps of the adaptive filter.

203. The input signal analysis filter performs sub-band
analysis filtering processing on x(n) to obtain four input sub
band signals x,,(n), X, (), X;o(n), and x,, (n), and transmits
Xoo(), Xo; (), X;0(n), X;; (1), and x,(n) to an adaptive weight
updater.

204. The subtractor receives y,(1n), y,(1n), . .. ,and y, (n) and
a reference signal d(n), obtains a difference between

L
>yl
i=0

and d(n) as an error signal e(n), and transmits e(n) to an error
sub-band filter.

205. The error sub-band filter performs analysis filtering
processing on e(n) to obtain two error sub-band signals e,(n)
and e, (n), and transmits e,(n) and e, (n) to the adaptive weight
updater.

206. The adaptive weight updater obtains a new adaptive
filtering weight according to Xq,(n), Xq;(n), X;,(m), X,,(n),
ey(n), and e, (n) with reference to the following formula 2:

Sorln+1)=Squ(r)+ 2l opeq(r)xoo(n—k)+a e, ()% o(n—Fk)]

81+ 1)=8 (m)+2ufageq(n)xg, (n=-k)+a, e, (n)xy  (n-k)]  (Formula b)
where kisequalto 0, 1, ..., or

L 1

7L

207. The adaptive weight updater replaces the current
adaptive filtering weight in the adaptive filter with the new
adaptive filtering weight.
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In this embodiment, a derivation process of a weight coef-
ficient update formula, that is, the formula b is specifically as
follows:

A cost function of an adaptive filtering algorithm is
assumed as:

J=E{ageg (m+ae*(m)}

M

then, the weight coefficient update formula can be expressed
as:

N N aJ 2)
Sp(n+1) = Spun) —p—

Sm()

m=0,1

where gm(n):[ﬁm,l, Spzs 8,5 k=1,2, ... L/2-1, and
in the formula, L is a tap coefficient of a filter; and

aJ
38 m(n)

= E{Zaoeo(m Oeolr)

Sm(n)

+2ae1(n)

dey(n) },m:l,Z (3)
OSm(n)

A transfer function of the adaptive filter is:

S(2)y=So()+z18,(2%) Q)

a signal output by a filter is:

Y2)=X@)SE)=XD)S o2 +X(2)z54(2%) ®

an error signal is:

E(@)=D(z2)-Y(z) (6)

according to a relationship between input and output of the
error sub-band filter, the following may be obtained:

1 7
Eo(@) = 5 [EG) o) + E(=2)Hy(=2)] ”

1
E@)= E[E(zl/z)Hl(z”z) + E(-7)H (-]

1 8
Eo(2) = 3{IDGE") + D(=2")]Ho(z") - ®

So@X (22 Ho(z) + X (=2 Ho(=2%)] -
S1@IX R Ho(22) + X (=22 )=z V) Ho (=21}

1 9
(@) = 5{[DE") + D=1, ) - @

So@IX A H M) + X (=2 Hy (=) -
S1@IXE D H ) + X (=2 )=z Hy (-2

because

BE;(ZI/Z) _xeny (10)
850(2)

BE(A—zl/Z) — X (P, (11)
850(2)
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-continued
ZE—O((Z; - % [X(E"2)Ho (") + X (=2)Ho(=2"2)] a2
[11¢4
Z?—l((z)) = L@ ¢ X =)
1184
Z?’((Z)) =- % (X (&2 Ho (') + X (=2")(=27 ) Ho (2]
1(Z
Z?—l((z)) =- % X2 P H ) + X (=22 (2]
142,
assuming X(o = _13{50(2)’ X _13{51(2)’
350(z) 850(2)
Xy = _13{50(2)’ and X, = _aimz)’
381(z) 95(z)
BFO(Z) - XK 13)
080 (z)
BFl(Z) = X[y
S0 (z)
BFO(Z) _ _Xl,oz,,(
381 (z)
BFI(Z) _ _Xl,lz,,(
381 (z)
formulas (8) and (9) may be written as:
1 ~ ~ 14
Eo(2) = 5[DGE") + D(=2")]Ho(z") = B0(2) Xio(2) = 51X (2) a9
1 N N
Ei(@) = 51D + D(=2"]Ho(e") = So(0)X[o (@) - $10X 11 @

with reference to (14) (13) and (12), (2) may be rewritten

as:
Sop(n+1) = (15)
Sox (n) + 2u[ag Eeo (m)xgo (n — k)} + ay Edey (m)x10(n — K)}]
Suln+1) =3, +
2ulaoEleo(n)xor (n — k)} + a1 E{er (m)x11 (n — K)}]

a weight update formula of an LMS algorithm may be
obtained by replacing a reference value with an instantaneous
value:

Sorln+1)=Squ(r)+ 2l opeq(r)xoo(n—k)+a e, ()% o(n—Fk)]

16)

according to formulas (13) and (12) the following may be
obtained:

S+ 1)=8 )+ 2pfogeq(m)xo, (k) +a e ()%, (n—k)]

1 17
Xgo(2) = E[X(z”z)Ho(z”z) + X (=22 Ho(=Z")] )

—

X{o(2) = [XEDH ) + X (=2")H, (-]

2

X(@ = s[XE@ D22 Ho 2V + X (=) =27V Ho (= 2]

1
2
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-continued

X[ @ = s[XE A2 H ) + X (=)= YD H (=2

1
2

In this embodiment, a derivation process for convergence

of the adaptive filtering algorithm includes the following:

multiphase decomposition is performed on a transfer func-

tion S(z) of a real channel; then, a reference signal may be
expressed as:

Diz)=X(z)So(2)+X(2)z™'5,(2) (18)
formula (6) may be written as:
E(@)=X@)[So(z)-So(e) X @)z 8127)-2751(2%)] (19)

assuming VO(Z):SO(Z)—gO(Z) and Vl(z)zsl(z)—é 1(z), the

foregoing formula may be rewritten as:

E@)=X@) Vo2 Xz V(2% (20)

which is substituted into (7), the following is obtained:

Eo(2)=x00(2) Vo(2)+%01 (2)Vo(2)

E\(@)=X16(@) Vo) +X 11 (2) V1 (2) (2D
a time-domain expression of (21) is:

eo(r)=%oo (Wvo(n)+30, " ()v. ()

91(”):xloT(”)Vo(”)"'xl1T(”)V1(”) (22)

where X;,7=[x,(n), X, (n-1), . . ., X;z(n-L/2+1)], Lk=1,2;

the following may be obtained by substituting the forego-
ing formula into the weight update formula (16):

Vo(r+1)=vo(m)-2110t0%00(rW o0 (7)) —210tex00 ()
X0, L1 ()= 200 21 0()x10 (Vo (1)~ 2100011 o)

x1, Tovi(m) (23)
V(1) =y, (1) =2000% 0, (0T (1)vo (1) 2108 %0, ()

xor [y (m)-2ma,x ()% 10T (R)vo(r)-2nax , (7)

*1 1T(n)"1(n) (24

(23) and (24) are expressed in a form of a vector as follows:

[ voln+1) (25)

viin+1)

vo(n) }

vi(n)

= [ ot } —2ufapAo + OflAl][
vi(n)
where

_[XOO(ﬂ)xgo(”) xoo(ﬂ)xoTl(”)} @6)
T xomxdy ) xou(mixdy ()
_[xlo(n)x{o(n) xlo(n)xﬁ(m} @n

Tl x ]y ()

for (25), an average value is taken as follows:

[ voln+ 1) (28)

Vo(ﬂ)}
vifn+1)

vi(n)

[ vo(n)
=E|

} - ZﬂE[Ozvo + DzlAl]E[
vi(n)

assuming P=E[a,Ay+a, A ],
the foregoing formula may be rewritten as the following
classic:

e(n+1)=[1-2pD]e(r) (29

in this case, X,,(n), X, (0), X,o(n), and x, , (n) are analytical
components of x and have different spectral components, and
an inner product of Xy, (n), X4, (n), X, (), and x, ,(n) is zero;
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therefore, X, (), X, (), X, o(n), and X, , (n) are not correlated.
Then, itmay belearned that A, A |, and ® are positive definite
diagonal matrixes.
A sketch value of ® is assumed as:

M=Ehos .. sy (30)

then, a condition for convergence of the adaptive filtering
algorithm is:

0 1 (3B
<u< %

In this embodiment, description is made only by assuming
that the number of sub-bands is 2; however, an adaptive
filtering algorithm that is based on an error sub-band and
provided in this embodiment of the present invention is not
limited to processing based on only two sub-bands. If the
number of sub-bands is expanded to M, a convergence con-
dition of the adaptive filtering algorithm is as follows:

First, M-group multiphase decomposition is performed on
an estimation filter §(z):

S@=S@N4z S Dt . . 42 MHS, (M (32)

in this case, a cost function is:

J)=E{age(m)+a e 2(m)+ . . .+ 050 2(0)} (33)

and a weight update formula of é(z) is:

M-1
Suln+1) = 8i(m) + 24 " cney(nxeln = i)
=0

(B4

k=0,1,...,(M-1)

i=0,1,... ,(%—1)

L is the number of taps of §(z). (28) may be expanded as:

von +1) vo(n) (35
viin+1) vi(n)
. = [ - 2uPE| .
viy—1n+ 1) var-1(n)
(I>=0z0(1>0+0z1(1>1 +---+0/M—1(I)M—1 (36)
where
Xo(n) (37)
X1 (1)
D = [edo(n X100 - Xy ()]
X -1 (1)
k=0,1,... ,(M-1)
in this case, a convergence condition is:
. 1 (38)
R

_ for ease of description, it is assumed herein that a length of
S(n) is 8, and the number of sub-bands is 4.

14
3 (39
= Z @, D,
k=0
5
Xk0 (40)
o= o (%o *y *2 X3
X2
X3
10
where
X3 (1) =[ by (I+4n) b (1+4n+4)]T (41)
15
assuming 7, (m)=E /b, (n)b,(n+m)] (42),
20
Q) @) n() n®) m@ n© @ @] 43
@ n0) r@ ) r@ @ nd) G
() neB) r@ @ r) n® n@ r®)
q)k - N N N N N N N N
25
(M r3) r©) r(2 r(5) n) n@ r@

30 Herein, it is assumed that transfer functions of four
branches of the error sub-band filter are H,(e/®), H, ("),
H,(&"), and H,(¢/*), whose bandwidth are /4. Assuming
that a passband of H(¢/*”) is [-n/8,7/8] and a passband gain is

55 1,agroup of filters may be obtained by translation of the filter.

Hk(e/'w):H(e(/'(wfwk)))_'_H(e(/(w*rwk))) (44)
where

40

0 =(2k+1)(7/8),£=0,1,2,3 (45)
A power spectrum density function of x(n) is assumed as:
45
. 3 . . 46)
Pu(e™) = ) (P %)) + Pel iy
k=0
50
where a gain of P(¢/*”) in bandwidth is 1, and the bandwidth
is [—m/8,7/8].
Then, a power spectrum function of b(n) is:
> Pe)=P () {IH( ™R+ H( D) ”} (47
P(&®) and H(e’*) have a same property, and therefore (47)
may also be written as:
6 PP ()PP P P) 48)
inverse Fourier transform is performed on the foregoing
formula:

65

Fi(r)=2rp(r)cos(w) (49)

p(n) is inverse Fourier transform of P(e/®).



US 9,419,826 B2

15

Assuming

3 50
g = Y aure(m)

k=0

then

q(0) (51
]

q(l)

g4 q(l) g(5)
g(0) g(3) q(1)
g(3) q(0) q4)

q(2)
q(2)
q(l)

q(6)
q(2)
q(5)

q(3)
q(l)
q(2)

q(7)
q(3)
q(6)

(M) q(3) q(6) q2) g5) gq(l) g 4¢(0)

assuming o, is equal to ¢/r, then

3 (52)
g(n) = 2cp(m)y” cos(wrn)

k=0

Because w,=(2k+1)/(/8), k=0, 1, 2, 3, when n=8m,
m=...-2,-1,0,1,2,...,

3

Z cos(wyn)

k=0

is not equal to O; further, because a sine function P(n) is equal
to O when n=8m, m=...-2,-1,1,2,...,q(n) is not equal to
0 only when n=0; then, ®=q(0)I. Therefore, the algorithm has
good convergence. It may be learned from the formula that the
number of conditions of a signal autocorrelation matrix is 1 (a
maximum sketch value of the matrix divided by a minimum
sketch value of the matrix); however, the number of condi-
tions of an input autocorrelation matrix of a general adaptive
filtering algorithm is greater than 1. According to a theory of
an adaptive algorithm, it may be learned that a convergence
speed of adaptive filtering decreases as the number of condi-
tions of an autocorrelation matrix increases. Therefore, a
convergence speed of adaptive filtering based on an error
sub-band is higher.

In addition, it should be noted that the adaptive filtering
method that is based on an error sub-band and provided in this
embodiment of the present invention may not only be used to
simulate a digital channel, but also be used to simulate an
analog channel. If a digital channel is to be simulated, the
adaptive filtering method that is based on an error sub-band
and provided in this embodiment of the present invention may
be directly used. If an analog channel is to be simulated, a
Sigma-Delta system needs to be further introduced in this
embodiment of the present invention, and the system
includes: a Sigma-Delt modulator, configured to perform
over-sampling on an analog input signal at a speed greatly
higher than a Nyquist sampling rate; a Sigma-Delta digital to
analog converter, configured to perform digital to analog
conversion on data; and a Sigma-Delta analog to digital con-
verter, configured to perform analog to digital conversion on
the data. An adaptive filtering system in which the Sigma-
Delta system is introduced is shown in FIG. 7.

According to the adaptive filtering method that is based on
an error sub-band and provided in this embodiment of the
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present invention, analysis filtering processing is performed
on an error signal and an input signal to obtain an error
sub-band signal and an input sub-band signal respectively;
calculation is performed according to the input sub-band
signal and the error sub-band signal to obtain a new adaptive
filtering weight, and a weight in an adaptive filter is updated,
so that when the adaptive filter works, the adaptive filter may
directly use an updated weight to perform adaptive filter
processing on the input signal, so as to obtain an adaptive
filtering signal. Compared with a technical solution in the
prior art, in which analysis filtering processing needs to be
first performed on an input signal, and a processing result is
input to an adaptive filter to perform adaptive processing to
obtain an adaptive filtering sub-band signal, and then an adap-
tive filtering signal can be obtained by performing integrated
filtering processing on the adaptive filtering sub-band signal,
in the present invention, a processing result of an adaptive
filter does not need to be restored; compared with the techni-
cal solution provided in the prior art, an integrated filter for
signal reconstruction is omitted, thereby reducing the amount
of calculation of an adaptive filtering algorithm.

Embodiment 3

This embodiment of the present invention provides an
adaptive filtering system based on an error sub-band. Refer-
ring to FIG. 1, the system includes: an adaptive filter, a sub-
tractor, an error sub-band filter, an input signal analysis filter,
and an adaptive weight updater.

The adaptive filter is configured to receive an input signal,
perform adaptive filtering processing on the input signal
according to an adaptive filtering weight currently stored in
the adaptive filter, so as to obtain an adaptive filtering signal,
and transmit the adaptive filtering signal to the subtractor.

The subtractor is configured to receive a reference signal
and the adaptive filtering signal, perform calculation accord-
ing to the reference signal and the adaptive filtering signal to
obtain an error signal, and transmit the error signal to the error
sub-band filter, where the reference signal is a signal gener-
ated after the input signal passes through a real channel.

The error sub-band filter is configured to receive the error
signal, perform sub-band analysis filtering processing on the
error signal to obtain an error sub-band signal, and transmit
the error sub-band signal to the adaptive weight updater.

The input signal analysis filter is configured to receive the
input signal, perform sub-band analysis filtering processing
on the input signal to obtain an input sub-band signal, and
transmit the input sub-band signal to the adaptive weight
updater.

The adaptive weight updater is configured to receive the
error sub-band signal and the input sub-band signal, perform
calculation according to the error sub-band signal and the
input sub-band signal to obtain a new adaptive filtering
weight, and replace the adaptive filtering weight currently
stored in the adaptive filter with the new adaptive filtering
weight.

Optionally, referring to FIG. 4, the foregoing adaptive filter
has L branches that include a first branch to an L” branch, and
each branch has one ingress port and one egress port, where L.
is a positive integer; when L is equal to 1, M multipliers, M—1
adders, and M-1 M-clock delayers are disposed in the L
branch, where the M multipliers are a multiplier 0 to a mul-
tiplier M-1, the M-1 adders are an adder 1 to an adder M-1,
and the M-1 M-clock delayers are an M-clock delayer 1 to an
M-clock delayer M-1; each delayer has one ingress port and
one egress port, each multiplier has one ingress port and one
egress port, and each adder has two ingress ports and one
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egress port; M is a positive integer; and an ingress port of the
L? branch is connected to ingress ports of the multiplier 0 to
the multiplier M-1, an egress port of the multiplier O is
connected to an ingress port of the M-clock delayer 1, an
egress port of each of a multiplier 1 to the multiplier M-1 is
connected to one ingress port of each of the adder 1 to the
adder M-1, and an egress port of each of the M-clock delayer
1 to the M-clock delayer M-1 is connected to the other
ingress port of each ofthe adder 1 to the adder M-1; and when
L is greater than 1, one (L-1)-clock delayer, M multipliers,
M-1 adders, and M-1 M-clock delayers are disposed in the
L” branch, where the M multipliers are a multiplier O to a
multiplier M-1, the M-1 adders are an adder 1 to an adder
M-1, and the M-1 M-clock delayers are an M-clock delayer
1 to an M-clock delayer M-1; each delayer has one ingress
port and one egress port, each multiplier has one ingress port
and one egress port, and each adder has two ingress ports and
one egress port; and in the L branch, an ingress port of the
L” branch is connected to an ingress port of the (L—1)-clock
delayer, an egress port of the (IL-1)-clock delayer is con-
nected to ingress ports of all multipliers, an egress port of the
multiplier 0 is connected to an ingress port of the M-clock
delayer 1, an egress port of each of a multiplier 1 to the
multiplier M-1 is connected to one ingress port of each of the
adder 1 to the adder M-1, and an egress port of each of the
M-clock delayer 1 to the M-clock delayer M-1 is connected
to the other ingress port of each of the adder 1 to the adder
M-1.

Optionally, referring to FIG. 5, the foregoing error sub-
band filter has N branches that include a first branch to an N
branch, and each branch has one ingress port and one egress
port, where N is a positive integer; when X is equal to 1, one
low-pass filter, one multiplier X-1, and one decimator X-1
are disposed in an X” branch; an ingress port of the low-pass
filter is connected to an ingress port of the X” branch, an
egress port of the low-pass filter is connected to an ingress
port of the multiplier X-1, an egress port of the multiplier
X-11is connected to the decimator X-1, and an egress port of
the decimator X-1 is connected to an egress port of the X
branch; when X is greater than 1 and less than N-1, one
band-pass filter, one (X-1)-clock delayer, one multiplier
X-1, and one decimator X-1 are disposed in an X? branch;
an ingress port of the band-pass filter is connected to an
ingress port of the X™ branch, an egress port of the band-pass
filter is connected to an ingress port of the (X-1)-clock
delayer, an egress port of the (X-1)-clock delayer is con-
nected to an ingress port of the multiplier X-1, an egress port
of'the multiplier X-1 is connected to the decimator X-1, and
an egress port of the decimator X-1 is connected to an egress
port of the X branch; and when X is equal to N, one high-
pass filter, one (X-1)-clock delayer, one multiplier X-1, and
one decimator X-1 are disposed in an X branch; an ingress
port of the high-pass filter is connected to an ingress port of
the X? branch, an egress port of the high-pass filter is con-
nected to an ingress port of the (X-1)-clock delayer, an egress
port ofthe (X-1)-clock delayer is connected to an ingress port
of the multiplier X-1, an egress port of the multiplier X-1 is
connected to the decimator X-1, and an egress port of the
decimator X-1 is connected to an egress port of the X
branch.

Optionally, as shown in FIG. 8, the system further includes
a convergence detector.

The convergence detector is configured to determine
whether the error signal is converged; and if it is determined
that the error signal is converged, control the subtractor to
generate a simulation signal according to the adaptive filter-
ing signal and output the simulation signal.
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According to the adaptive filtering apparatus that is based
on an error sub-band and provided in this embodiment of the
present invention, analysis filtering processing is performed
on an error signal and an input signal to obtain an error
sub-band signal and an input sub-band signal respectively;
calculation is performed according to the input sub-band
signal and the error sub-band signal to obtain a new adaptive
filtering weight, so that when a signal is output, the input
signal does not need to be restored. Compared with a techni-
cal solution provided in the prior art, an integrated filter for
signal reconstruction is omitted, thereby reducing the amount
of calculation of an adaptive filtering algorithm.

Based on the foregoing descriptions of the implementation
manners, a person skilled in the art may clearly understand
that the present invention may be implemented by software in
addition to necessary universal hardware or by hardware. In
most circumstances, the former is a preferred implementation
manner. Based on such an understanding, the technical solu-
tions of the present invention essentially or the part contrib-
uting to the prior art may be implemented in a form of a
software product. The computer software product is stored in
areadable storage medium, such as a floppy disk, a hard disk
or an optical disc of a computer, and includes several instruc-
tions for instructing a computer device (which may be a
personal computer, a server, or a network device) to perform
the methods described in the embodiments of the present
invention.

The foregoing descriptions are merely specific implemen-
tation manners of the present invention, but are not intended
to limit the protection scope of the present invention. Any
variation or replacement readily figured out by a person
skilled in the art within the technical scope disclosed in the
present invention shall fall within the protection scope of the
present invention. Therefore, the protection scope of the
present invention shall be subject to the protection scope of
the claims.

What is claimed is:
1. Anadaptive filtering method based on an error sub-band,
the method comprising:

receiving, by an adaptive filter, an input signal;

performing adaptive filtering processing on the input sig-
nal according to an adaptive filtering weight currently
stored in the adaptive filter, so as to obtain an adaptive
filtering signal, and transmitting the adaptive filtering
signal to a subtractor, wherein the adaptive filter has L
branches that comprise a first branch to an L# branch,
and each branch has M multipliers, one ingress port, and
one egress port, wherein L is a positive integer greater
than 1 and M is a positive integer greater than 1;

receiving, by the subtractor, a reference signal and the
adaptive filtering signal;

performing a calculation according to the reference signal
and the adaptive filtering signal to obtain an error signal;

transmitting the error signal to an error sub-band filter,
wherein the reference signal is a signal generated after
the input signal passes through a real channel;

receiving, by the error sub-band filter, the error signal;

performing sub-band analysis filtering processing on the
error signal to obtain an error sub-band signal;

transmitting the error sub-band signal to an adaptive
weight updater;

receiving, by an input signal analysis filter, the input signal;

performing sub-band analysis filtering processing on the
input signal to obtain an input sub-band signal;

transmitting the input sub-band signal to the adaptive
weight updater;
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receiving, by the adaptive weight updater, the error sub-

band signal and the input sub-band signal;

performing calculation according to the error sub-band

signal and the input sub-band signal to obtain a new
adaptive filtering weight; and

replacing the adaptive filtering weight currently stored in

the adaptive filter with the new adaptive filtering weight.

2. The method according to claim 1, wherein the adaptive
filter has a first branch of the L branches;

wherein M first multipliers, M-1 adders, and M-1

M-clock delayers are disposed in the first branch;
wherein the M first multipliers comprise a first multiplier 0
to a first multiplier M-1;

wherein the M-1 adders comprise an adder 1 to an adder
M-1;

wherein the M-1 M-clock delayers comprise an M-clock
delayer 1 to an M-clock delayer M-1;

wherein each delayer has one ingress port and one egress

port;

wherein each first multiplier has one ingress port and one

egress port;

wherein each adder has two ingress ports and one egress

port;
wherein an ingress port of the first branch is connected to
ingress ports of the first multiplier O to the first multiplier
M-1;

wherein an egress port of the first multiplier 0 is connected
to an ingress port of the M-clock delayer 1;

wherein an egress port of each of a first multiplier 1 to the
first multiplier M-1 is connected to one ingress port of
each of the adder 1 to the adder M-1; and

wherein an egress port of each of the M-clock delayer 1 to

the M-clock delayer M-1 is connected to the other
ingress port of each of the adder 1 to the adder M-1.

3. The method according to claim 2, wherein receiving, by
the adaptive filter, the input signal and performing adaptive
filtering processing on the input signal according to the adap-
tive filtering weight currently stored in the adaptive filter, so
as to obtain an adaptive filtering signal, comprises:

in the first branch, receiving, by each of the first multiplier

0 to the first multiplier M-1, the input signal through the
ingress port of the first branch;
performing multiplication on the input signal according to
an adaptive filtering weight stored in each of the first
multipliers, to obtain a multiplier output signal gener-
ated by each of the first multiplier O to the first multiplier
M-1;

outputting, by each of the first multiplier 0 to the first
multiplier M-1 through an egress port of each of the first
multiplier 0 to the first multiplier M-1, the multiplier
output signal generated by each of the first multiplier O to
the first multiplier M-1;

performing, by each of the M-clock delayer 1 to the
M-clock delayer M-1, M-clock delay processing on a
signal received at an ingress port of each of the M-clock
delayer 1 to the M-clock delayer M-1, to obtain an
M-clock delay signal generated by each of the M-clock
delayer 1 to the M-clock delayer M-1;

outputting, by each ofthe M-clock delayer 1 to the M-clock
delayer M-1 through the egress port of each of the
M-clock delayer 1 to the M-clock delayer M-1, the
M-clock delay signal generated by each of the M-clock
delayer 1 to the M-clock delayer M-1;

performing, by the adder 1 to the adder M-1, addition
processing on signals received through two ingress ports
corresponding to each of the adder 1 to the adder M-1,
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to obtain an adder output signal generated by each of the
adder 1 to the adder M-1; and

outputting, by each of the adder 1 to the adder M-1 through

an egress port corresponding to each ofthe adder 1 to the
adder M-1, the adder output signal generated by each of
the adder 1 to the adder M-1.

4. The method according to claim 1, wherein one (L-1)-
clock delayer, M second multipliers, M-1 adders, and M-1
M-clock delayers are disposed in the L* branch;

wherein the M second multipliers in the L? branch are a

second multiplier 0 to a second multiplier M-1;
wherein the M-1 adders are an adder 1 to an adder M-1;
wherein the M—1 M-clock delayers are an M-clock delayer
1 to an M-clock delayer M-1;

wherein each delayer has one ingress port and one egress

port;

wherein each second multiplier has one ingress port and

one egress port;

wherein each adder has two ingress ports and one egress

port; and

wherein, in the L? branch, an ingress port of the L? branch

is connected to an ingress port of the (L-1)-clock
delayer, an egress port of the (L-1)-clock delayer is
connected to ingress ports of all second multipliers, an
egress port of the second multiplier O is connected to an
ingress port of the M-clock delayer 1, an egress port of
each of a second multiplier 1 to the second multiplier
M-11is connected to one ingress port of each of the adder
1 to the adder M-1, and an egress port of each of the
M-clock delayer 1 to the M-clock delayer M-1 is con-
nected to the other ingress port of each of the adder 1 to
the adder M-1.

5. The method according to claim 4, wherein receiving, by
the adaptive filter, the input signal, performing the adaptive
filtering processing on the input signal according to the adap-
tive filtering weight currently stored in the adaptive filter
comprises:

inthe L” branch, receiving, by the (L-1)-clock delayer, the

input signal through the ingress port of the (L.-1)-clock
delayer;
performing (I.-1)-clock delay processing on the input sig-
nal to generate an (L.-1)-clock delay signal;

outputting, by the (L-1)-clock delayer, the (L-1)-clock
delay signal through the egress port of the (L.-1)-clock
delayer;
receiving, by each of the second multiplier O to the second
multiplier M—1 in the L? branch, the (L-1)-clock delay
signal through the ingress port of the L branch;

performing multiplication on the (L-1)-clock delay signal
according to an adaptive filtering weight stored in each
of the second multipliers, to obtain a multiplier output
signal generated by each of the second multiplier O to the
second multiplier M-1;

outputting, by each of the second multiplier 0 to the second
multiplier M-1 through an egress port of each of the
second multiplier O to the second multiplier M-1, the
multiplier output signal generated by each of the second
multiplier 0 to the second multiplier M-1;

performing, by each of the M-clock delayer 1 to the
M-clock delayer M-1, M-clock delay processing on a
signal received at an ingress port of each of the M-clock
delayer 1 to the M-clock delayer M~1, to obtain a delay
signal generated by each of the M-clock delayer 1 to the
M-clock delayer M-1;

outputting, by each of'the M-clock delayer 1 to the M-clock
delayer M-1 through the egress port of each of the
M-clock delayer 1 to the M-clock delayer M-1, the
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delay signal generated by each of the M-clock delayer 1
to the M-clock delayer M-1;

performing, by each of the adder 1 to the adder M-1,
addition processing on signals received through two
ingress ports corresponding to each of the adder 1 to the
adder M-1, to obtain an adder output signal generated
by each of the adder 1 to the adder M-1; and

outputting, by each of the adder 1 to the adder M-1 through
an egress port corresponding to each of the adder 1 to the
adder M-1, the adder output signal generated by each of
the adder 1 to the adder M-1.

6. The method according to claim 1, wherein the error
sub-band filter has N branches that comprise a first branch to
an N branch, and each branch has one ingress port and one
egress port, wherein N is a positive integer;

wherein X is an integer equal to 1;

wherein one low-pass filter, one multiplier X-1, and one

decimator X-1 are disposed in an X branch;

wherein an ingress port of the low-pass filter is connected

to an ingress port of the X? branch;

wherein an egress port of the low-pass filter is connected to

an ingress port of the multiplier X-1;

wherein an egress port of the multiplier X-1 is connected

to the decimator X-1; and

wherein an egress port of the decimator X-1 is connected

to an egress port of the X branch.

7. The method according to claim 6, wherein receiving, by
the error sub-band filter, the error signal, performing sub-
band analysis filtering processing on the error signal to obtain
an error sub-band signal comprises:

receiving, by the low-pass filter, the error signal through

the ingress port of the low-pass filter;

performing filtering processing on the error signal accord-

ing to band-pass setting of the low-pass filter to obtain a
low-pass filter signal;
outputting, by the low-pass filter, the low-pass filter signal
through the egress port of the low-pass filter;

performing, by the multiplier X-1 according to a weight
stored in the multiplier X-1, multiplication processing
on a signal received through the ingress port of the
multiplier X-1, to obtain a multiplier output signal;

outputting, by the multiplier X-1, the multiplier output
signal through the egress port of the multiplier X-1;

performing, by the decimator X-1, X times down sampling
processing on a signal received through an ingress port
of'the decimator X-1, to obtain an error sub-band signal
of the X? branch; and

outputting, by the decimator X-1, the error sub-band sig-

nal of the X? branch through the egress port of the
decimator X-1.

8. The method according to claim 1, wherein the error
sub-band filter has N branches that comprise a first branch to
an N branch, and each branch has one ingress port and one
egress port, wherein N is a positive integer greater than 2;

wherein X is an integer greater than 1 and less than N-1;

wherein one band-pass filter, one (X-1)-clock delayer, one

multiplier X-1, and one decimator X-1 are disposed in
an X™ branch;

wherein an ingress port of the band-pass filter is connected

to an ingress port of the X? branch;

wherein an egress port of the band-pass filter is connected

to an ingress port of the (X-1)-clock delayer;

wherein an egress port of the (X-1)-clock delayer is con-

nected to an ingress port of the multiplier X-1;
wherein an egress port of the multiplier X-1 is connected
to the decimator X-1; and
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wherein an egress port of the decimator X-1 is connected

to an egress port of the X branch.

9. The method according to claim 8, wherein receiving, by
the error sub-band filter, the error signal, performing sub-
band analysis filtering processing on the error signal to obtain
the error sub-band signal comprises:

receiving, by the band-pass filter, the error signal through

the ingress port of the band-pass filter;

performing filtering processing on the error signal accord-

ing to band-pass setting of the band-pass filter to obtain
a band-pass filter signal;
outputting, by the band-pass filter, the band-pass filter sig-
nal through the egress port of the band-pass filter;
performing, by the (X-1)-clock delayer, (X-1)-clock
delay processing on a signal received through the ingress
port of the (X-1)-clock delayer, to obtain a delay signal;
outputting, by the (X-1)-clock delayer, the delay signal
through the egress port of the (X-1)-clock delayer;
performing, by the multiplier X-1 according to a weight
stored in the multiplier X-1, multiplication processing
on a signal received through the ingress port of the
multiplier X-1, to obtain a multiplier output signal;
outputting, by the multiplier X-1, the multiplier output
signal through the egress port of the multiplier X-1;
performing, by the decimator X-1, X times down sampling
processing on a signal received through an ingress port
of the decimator X-1, to obtain an error sub-band signal
of the X branch; and
outputting, by the decimator X-1, the error sub-band sig-
nal of the X? branch through the egress port of the
decimator X-1.

10. The method according to claim 1, wherein the error
sub-band filter has N branches that comprise a first branch to
an N” branch, and each branch has one ingress port and one
egress port, wherein N is a positive integer;

wherein X in an integer equal to N;

wherein one high-pass filter, one (X-1)-clock delayer, one

multiplier X-1, and one decimator X-1 are disposed in
an X? branch;

wherein an ingress port of the high-pass filter is connected

to an ingress port of the X* branch;

wherein an egress port of the high-pass filter is connected

to an ingress port of the (X-1)-clock delayer;

wherein an egress port of the (X-1)-clock delayer is con-

nected to an ingress port of the multiplier X-1;
wherein an egress port of the multiplier X-1 is connected
to the decimator X-1; and

wherein an egress port of the decimator X-1 is connected

to an egress port of the X branch.

11. The method according to claim 10, wherein receiving,
by the error sub-band filter, the error signal and performing
sub-band analysis filtering processing on the error signal to
obtain the error sub-band signal comprises:

receiving, by the high-pass filter, the error signal through

the ingress port of the high-pass filter, and performing
filtering processing on the error signal according to
high-pass setting of the high-pass filter to obtain a high-
pass filter signal;

outputting, by the high-pass filter, the high-pass filter sig-

nal through the egress port of the high-pass filter; per-
forming, by the (X-1)-clock delayer, (X-1)-clock delay
processing on a signal received through the ingress port
of the (X-1)-clock delayer, to obtain a delay signal;
outputting, by the (X-1)-clock delayer, the delay signal
through the egress port of the (X-1)-clock delayer; per-
forming, by the multiplier X-1 according to a weight
stored in the multiplier X-1, multiplication processing
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on a signal received through the ingress port of the
multiplier X-1, to obtain a multiplier output signal;

outputting, by the multiplier X-1, the multiplier output
signal through the egress port of the multiplier X-1;

performing, by the decimator X-1, X times down sampling
processing on a signal received through an ingress port
of'the decimator X-1, to obtain an error sub-band signal
of the X? branch; and

outputting, by the decimator X-1, the error sub-band sig-

nal of the X? branch through the egress port of the
decimator X-1.

12. The method according to claim 1, wherein after receiv-
ing, by the subtractor, the reference signal and the adaptive
filtering signal and performing the calculation according to
the reference signal and the adaptive filtering signal to obtain
the error signal, the method further comprises:

determining, by a convergence detector, whether the error

signal is converged; and

if it is determined that the error signal is converged, con-

trolling, by the convergence detector, the subtractor to
generate a simulation signal according to the adaptive
filtering signal and output the simulation signal.
13. An adaptive filtering system based on an error sub-
band, comprising:
an adaptive filter, configured to receive an input signal,
perform adaptive filtering processing on the input signal
according to an adaptive filtering weight currently stored
in the adaptive filter, so as to obtain an adaptive filtering
signal, and transmit the adaptive filtering signal to a
subtractor, wherein the adaptive filter has L. branches
that comprise a first branch to an L branch, and each
branch has M multipliers, one ingress port, and one
egress port, wherein L is a positive integer greater than 1
and M is a positive integer greater than 1;

the subtractor, configured to receive a reference signal and
the adaptive filtering signal, perform calculation accord-
ing to the reference signal and the adaptive filtering
signal to obtain an error signal, and transmit the error
signal to an error sub-band filter, wherein the reference
signal is a signal generated after the input signal passes
through a real channel;

the error sub-band filter, configured to receive the error

signal, perform sub-band analysis filtering processing
onthe error signal to obtain an error sub-band signal, and
transmit the error sub-band signal to an adaptive weight
updater;

an input signal analysis filter, configured to receive the

input signal, perform sub-band analysis filtering pro-
cessing on the input signal to obtain an input sub-band
signal, and transmit the input sub-band signal to the
adaptive weight updater; and

the adaptive weight updater, configured to receive the error

sub-band signal and the input sub-band signal, perform
calculation according to the error sub-band signal and
the input sub-band signal to obtain a new adaptive fil-
tering weight, and replace the adaptive filtering weight
currently stored in the adaptive filter with the new adap-
tive filtering weight.

14. The system according to claim 13,

wherein one (L-1)-clock delayer, M second multipliers,

M-1 adders, and M-1 M-clock delayers are disposed in
the L™ branch, wherein the M second multipliers are a
second multiplier O to a second multiplier M-1, the M-1
adders are an adder 1 to an adder M-1, and the M-1
M-clock delayers are an M-clock delayer 1 to an
M-clock delayer M-1; each delayer has one ingress port
and one egress port, each second multiplier has one
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ingress port and one egress port, and each adder has two
ingress ports and one egress port; and in the L” branch,
an ingress port of the L™ branch is connected to an
ingress port of the (L.-1)-clock delayer, an egress port of
the (L-1)-clock delayer is connected to ingress ports of
all second multipliers, an egress port of the second mul-
tiplier O is connected to an ingress port of the M-clock
delayer 1, an egress port of each of a second multiplier 1
to the second multiplier M-1 is connected to one ingress
port of each of the adder 1 to the adder M-1, and an
egress port of each of the M-clock delayer 1 to the
M-clock delayer M-1 is connected to the other ingress
port of each of the adder 1 to the adder M-1.
15. The system according to claim 13, wherein the error
sub-band filter has N branches that comprise a first branch to
an N branch, and each branch has one ingress port and one
egress port, wherein N is a positive integer;
when X is equal to 1, one low-pass filter, one multiplier
X-1, and one decimator X-1 are disposed in an X%
branch; an ingress port of the low-pass filter is connected
to an ingress port of the X branch, an egress port of the
low-pass filter is connected to an ingress port of the
multiplier X-1, an egress port of the multiplier X-1 is
connected to the decimator X-1, and an egress port of
the decimator X-1 is connected to an egress port of the
X branch;

when X is greater than 1 and less than N-1, one band-pass
filter, one (X-1)-clock delayer, one multiplier X-1, and
one decimator X-1 are disposed in an X” branch; an
ingress port of the band-pass filter is connected to an
ingress port of the X* branch, an egress port of the
band-pass filter is connected to an ingress port of the
(X-1)-clock delayer, an egress port of the (X-1)-clock
delayer is connected to an ingress port of the multiplier
X-1, an egress port of the multiplier X-1 is connected to
the decimator X-1, and an egress port of the decimator
X -1 is connected to an egress port of the X branch; and

when X is equal to N, one high-pass filter, one (X-1)-clock
delayer, one multiplier X-1, and one decimator X-1 are
disposed in an X branch, an ingress port of the high-
pass filter is connected to an ingress port of the X
branch, an egress port of the high-pass filter is connected
to an ingress port of the (X-1)-clock delayer, an egress
port of the (X-1)-clock delayer is connected to an
ingress port of the multiplier X-1, an egress port of the
multiplier X-1 is connected to the decimator X-1, and
an egress port of the decimator X-1 is connected to an
egress port of the X branch.

16. The system according to claim 13, further comprising a
convergence detector, configured to determine whether the
error signal is converged; and if it is determined that the error
signal is converged, control the subtractor to generate a simu-
lation signal according to the adaptive filtering signal and
output the simulation signal.

17. An adaptive filtering system based on an error sub-
band, comprising a processor and a computer-readable stor-
age medium storing a program to be executed by the proces-
sor, the program including instructions for:

receiving an input signal;

performing adaptive filtering processing on the input sig-

nal according to an adaptive filtering weight currently
stored in an adaptive filter, so as to obtain an adaptive
filtering signal; performing a calculation according to a
reference signal and the adaptive filtering signal to
obtain an error signal, wherein the reference signal is a
signal generated after the input signal passes through a
real channel;
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performing sub-band analysis filtering processing on the
error signal to obtain an error sub-band signal;

performing sub-band analysis filtering processing on the
input signal to obtain an input sub-band signal;

performing calculation according to the error sub-band 5
signal and the input sub-band signal to obtain a new
adaptive filtering weight; and

replacing the adaptive filtering weight currently stored in
the adaptive filter with the new adaptive filtering weight;

wherein the adaptive filter has L branches that comprise a 10
first branch to an L? branch, and each branch has M
multipliers, one ingress port, and one egress port,
wherein L is a positive integer greater than 1 and M is a
positive integer greater than 1.
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